Bat researchers currently use a variety of techniques that transform echolocation calls into audible frequencies and allow the spectral content of a signal to be viewed and analyzed. All techniques have limitations and an understanding of how each works and the effect on the signal being analyzed are vital for correct interpretation. The 3 most commonly used techniques for transforming frequencies of a call are heterodyne, frequency division, and time expansion. Three techniques for viewing spectral content of a signal are zero-crossing, Fourier analysis, and instantaneous frequency analysis. It is important for bat researchers to be familiar with the advantages and disadvantages of each technique.
Because of their nocturnal activity and small size, bats have been considered difficult to study. Microchiropterans use echolocation calls to orientate themselves and to locate and close in on prey (Griffin et al. 1960) . Equipment capable of transforming ultrasound to frequencies audible by humans has been available for over 60 years (Noyes and Pierce 1938) and was used first to study echolocation calls of bats by Pierce and Griffin (1938) . The most common techniques currently available to hear emissions of bats include heterodyne, frequency division, and time expansion. The majority of these transformations are performed on analog (or digital in the case of time expansion) signals by bat detectors. However, these techniques also can be applied digitally after the signal has been acquired, using either a more sophisticated bat detector or a computer.
* Correspondent: stuart.parsons@bristol.ac.uk Although these techniques allow humans to hear calls of bats, researchers also are interested in viewing the spectral content or frequency structure of a call. To do this, calls must be transformed from the amplitude-time domain into either the frequency-time domain (a spectrogram) or the frequency-amplitude domain (a power spectrum).
All of these techniques are in daily use in bat research, but many researchers do not fully understand the methods. Techniques and equipment available for study of ultrasound have been reviewed in recent years (Bradbury and Vehrencamp 1998; Fenton 1988; Hopp et al. 1998; Pye 1992) , as have problems associated with such studies (Bazly 1976; Lawrence and Simmons 1982; Pye 1993) . However, most reviewers have not dealt with these techniques in a bat-specific context, have not discussed practical limitations that are of interest to most bat re-searchers, have not discussed all the most common techniques in use, or have not been up to date enough to be of practical use.
MATERIALS AND METHODS
Heterodyne, frequency division, time expansion, zero-crossing, Fourier analysis, and instantaneous frequency analysis can be used within a framework that is applicable to those studying echolocation calls of bats. There are advantages and disadvantages of these techniques that are relevant to bat researchers. Specific brands of detectors and models change frequently, whereas techniques incorporated develop more slowly. A detailed listing of modern detectors and analysis systems has been published (Parsons and Obrist, in press ).
(Super)Heterodyne
Technique.-Heterodyning was first used to transform echolocation calls of bats by Pierce and Griffin (1938) , with an apparatus originally designed to study ultrasonic emissions of insects. The equipment, designed by Noyes and Pierce (1938) , used only a single internal oscillator to lower the frequency of the input signal. However, most modern equipment uses a technique known as superheterodyning in which the input signal is mixed with signals from 2 oscillators ( Fig. 1) . When a call (F call ; Table 1 ) is detected, it is mixed with a signal from an input oscillator (variable-frequency oscillator; F vfo ). The frequency of this oscillator is variable and usually is set by the user. The mixing of F call and F vfo (F call ϫ F vfo ) results in production of a signal with 2 peak frequencies, 1 at F vfo ϩ F call and another at F vfo Ϫ F call . The resultant signal is passed through a narrow-band filter so that only part of the low-frequency peak (F vfo Ϫ F call ) remains in the signal (F call2 ). The filtered signal then is combined with a signal produced by a constant-frequency oscillator (F cfo ϫ F call2 ), producing a 2nd signal containing 2 frequency peaks (F cfo ϩ F call2 , F cfo Ϫ F call2 ). The low-frequency peak (F out ) is in the human hearing range but the other is not. Hence, the human ear (or audio speaker producing the sound) acts as a 2nd low-pass filter (Fig. 1) .
Advantages.-Superheterodyne systems generally are cheap to produce and rugged, and the narrow range of frequencies transformed by superheterodyning leads to good signal-to-noise ratios despite potentially high noise levels in the input signal. Stronger amplification of the signal also can be achieved because the internal oscillators use very different frequencies. The relatively high sensitivity of superheterodyning bat detectors has been demonstrated in the laboratory (Downes 1982; Waters and Walsh 1994) and the field (Parsons 1996; Waters and Walsh 1994) . However, results can be influenced strongly by the frequency response of the microphone (Waters and Walsh 1994) . Sensitivity of superheterodyning means that it can be useful for survey work where species identification is not necessary (e.g., O'Donnell and Sedgeley 1994) , particularly where use of less sensitive techniques may lead to undersampling. Given prolonged activity or presence of a bat, the narrow bandwidth transformed using this technique also can allow several call parameters to be approximated, including the highest and lowest frequencies, frequency of highest intensity, and position and number of harmonics. This approximation may allow researchers some degree of species identification if the species present do not produce echolocation calls that overlap significantly in frequency.
Disadvantages.-The narrow bandwidth transformed by superheterodyning also is the technique's most limiting factor. Superheterodyning does not preserve duration, absolute frequencies, or the frequency-time course of the original signal (Fig. 1) . The narrow listening window also may lead to undersampling in survey work because bats calling at frequencies outside the window will be missed. J. D. Pye and J. A. T. Halls attempted to overcome this problem by developing a heterodyne system that listened through a number of frequency windows simultaneously (Pye 1992) . The system was not successful because when a signal was detected no indication was given as to which window (or windows) it had passed through. Later detectors incorporated a scanning electronics circuit, allowing observers to quasi-simultaneously monitor a selectable frequency range (e.g., 20-80 kHz). This circuitry automatically pauses scanning at the tuning frequency where it detects a signal above the user-set threshold, giving the opportunity to observe the digital readout of the detected frequency.
Frequency Division
Technique.-Frequency division was first used to transform echolocation calls of bats when it FIG. 1.-Results from an analysis of a simulated echolocation call using a digital superheterodyning system modeled in Matlab (version 5.3, MathWorks, Inc., Natick, Massachusetts). A) Power spectrum and waveform of the simulated echolocation call. B) Spectrogram of the simulated echolocation call. The dotted area shows the frequency range and bandwidth that will be transformed by the circuit. C) Power spectrum and waveform of the raw output signal from the superheterodyning circuit. The high-frequency component of the output signal is not visible in the power spectrum because it falls outside the displayed frequency range. D) Spectrogram and waveform of the output signal after the high-frequency component has been removed from the output signal using a low-pass digital filter. This panel shows the structure of the sound that can be perceived by humans. All power spectra and spectrograms were generated using 512-point fast Fourier transformation with Hamming windows.
was introduced into a bat detector by Andersen and Miller (1977) . As with superheterodyning, frequency division is essentially an analog process. Frequency division simply divides the frequency of the incoming signal by a predetermined ratio, thus lowering its frequency. A zerocrossing system counts the number of times the incoming waveform crosses a zero voltage level and converts the signal into a sine or square wave. The amplitude of the sine or square wave is kept constant and so does not reflect the amplitude envelope of the original call. A circuit reduces the frequency of the incoming signal by allowing only every nth cycle to pass through, i.e., the zero-crossing system inverts its output voltage when it has counted n zero-line crossings (Fig. 2) . If the division ratio is set at 10, then only 1 in 10 cycles is allowed to pass. Many systems attempt to minimize the effect of noise by only dividing the incoming signal if its amplitude exceeds a threshold value. Finally, most systems multiply the output with the amplitude envelope of the original signal for optimum correspondence.
Advantages.-An obvious advantage of frequency division is that it does not ''listen'' through a narrow frequency window as do the superheterodyning systems. Therefore, frequency division is capable of transforming an entire signal, regardless of frequency (subject to performance of the associated microphone). This technique is particularly useful in survey work where a wide range of frequencies must be monitored simultaneously (e.g., Zingg 1990 ). Divided signals are suitable also for limited frequency analysis. Because frequency of the output signal can be significantly lower than that of the original, lower sampling rates are required for digitization with no loss in precision. The original duration of the call is more or less preserved in the output signal.
Disadvantages.-The frequency division technique has several drawbacks. Foremost is that the zero-crossing mechanism only tracks the harmonic with greatest amplitude, and thus no other harmonic information is contained in the output signal. In some bat species, frequency overlap between harmonics means that the harmonic with most energy may change over the course of the call. This can cause the zero-crossing system to jump between harmonics, leading to a misleading output signal, especially when analyzed spectrally (Fig. 3) . A 2nd drawback is that in some frequency division systems, the amplitude envelope of the original signal may not be represented in the output. Hence, potentially important information such as the frequency with the most energy in a call is lost. Third, the degree of division will determine the frequency range that can be heard or recorded following transformation. If a division ratio is too low, calls of bats using high frequencies may be missed. Fourth, use of an input amplitude threshold may decrease overall sensitivity of the detector (Parsons 1996) and may result in calls of lower amplitude (e.g., from ''whispering'' bats) being missed. Use of a threshold also may mean that parts of a call, particularly at the beginning and end, may be missed because they are not of sufficient amplitude to trigger the frequency division system. This, in turn, may lead to inaccurate measurement of the start and end frequencies of a call and its duration. The degree of error associated with these measurements will be determined by the threshold used. Fifth, by dividing the signal, information contained in those parts of the waveform that are not divided is lost and so is a large part of the frequencytime structure of the signal. Small changes in frequency structure of the original call may not be reflected in the divided signal. Sixth, use of frequency division relies on there being enough information in the original waveform to allow it to be accurately represented in the divided signal. This is most evident in very short calls or calls that exceed the threshold for only a short time. For example, a 40-kHz signal lasting 2 ms will contain only 8 cycles after being divided by 10. Andersen and Miller (1977) reported calls from pipistrelles (Pipistrellus pipistrellus) with durations of 0.3 ms emitted during a feeding ''buzz'' (Griffin et al. 1960) . After frequency division, calls of such short duration were composed of only a single cycle and could not be meaningfully analyzed.
Time Expansion
Technique.-The frequency of a recorded signal can be lowered linearly by decreasing the FIG. 2.-Waveform of a simulated frequencymodulated echolocation call before and after frequency division (10:1). A threshold of one-third the maximum amplitude of the waveform was used. For this reason, the frequency-divided signal has a shorter duration than the original signal. The original waveform has been split into sections comprising 10 cycles. Each of these sections corresponds to a single complete cycle in the waveform of the frequency-divided signal. The envelope of the original signal is not represented in the frequency-divided signal. The original waveform and the frequency division system both were modeled in Matlab. A sampling rate of 1 MHz was used to generate the original waveform.
replay speed of the recorder relative to the speed used during recording. Because of the inverse relationship that exists between time and frequency, duration of the signal will increase linearly as replay speed decreases. For example, a 40-kHz signal lasting 5 ms recorded using a tape speed of 76.2 cm/s will become a 10-kHz signal lasting 20 ms if the tape is replayed at 19.05 cm/ s. Unfortunately, size, weight, and cost of these tape recorders represent only a few of the drawbacks associated with their use, particularly in the field. However, in the mid-1980s, a method was developed to time-expand signals digitally. To be expanded in this way, the high-frequency signal must be digitized at a high sampling rate. The signal is then converted back into a waveform using a lower output rate. The degree of time expansion used depends on the difference between the 2 rates. The time-expanded signal can then be recorded using a more conventional tape recorder or redigitized at a lower sampling rate.
Advantages.-In recent times, digital time expansion has been incorporated directly into bat detectors, making the technique more widely available. The great advantage of this technique is that no information is lost from the incoming signal, making the output suitable for spectral analysis. When combined with a laptop computer and signal analysis software, output from a time-expansion system can provide field workers with high-quality information on bat ultrasound in near-real time. High sampling rates are not required because a time-expansion factor of 10 can bring signals of up to 220 kHz within the accurate digitization range of most modern computer sound cards, including those in newer laptops. Despite the higher cost, digital time-expansion equipment is an excellent value for money compared with the cost of traditional equipment such as air-dielectric microphones and instrumentation tape recorders. Some timeexpansion detectors also are capable of outputting heterodyned, frequency-divided, and unmodified high-frequency signals, thus increasing their value.
Disadvantages.-Despite increasing availability and decreasing cost of digital technology, time-expansion units and detectors still are considerably more expensive than heterodyne or frequency division detectors. At present, it is not possible to sample continuously using time expansion. Most systems store 2-12 s of digitized sound before outputting the expanded signal. During the output phase, the system is not sampling from the environment. For example, a time-expansion detector will take 22 s to acquire and output 2 s of ultrasound (input ϭ 2 s, output ϭ 20 s), assuming a time-expansion factor of 10.
FIG. 3.-A and B)
Spectrogram and waveform of a simulated frequency-modulated echolocation call with a single harmonic before and after frequency division (10:1). In this example, the frequencydivided signal jumps from the fundamental to the harmonic as it follows the part of the signal containing the most energy. The waveform and the frequency division system both were modeled in Matlab. A sampling rate of 1 MHz was used to generate the original waveform. C) Spectrogram and power spectra from an echolocation call produced by Plecotus auritus. In this call, energy swaps from the fundamental (C1; power spectrum 1) to the harmonic (C2; power spectrum 2) part way through the call. All spectrograms were generated using 512-point fast Fourier transformations; the power spectra were generated using a single 64-point fast Fourier transformation. In both cases, Hamming windows were used . FIG. 4. -Frequency-time plot of a simulated frequency-modulated bat call after analysis by zero-crossing. The waveform of the original signal also is shown. A spectrogram of this signal can be seen in Fig. 1B . The frequency of the signal varies at the beginning of the signal. At high frequencies, small changes in the time between successive zero-crossings, which is influenced by the rate at which the signal was sampled, can cause large changes in frequency. However, as frequency of the call decreases, these small errors become less significant. The original waveform and the zero-crossing analysis both were modeled in Matlab. A sampling rate of 1 MHz was used to generate the waveform.
Thus, ideally the system is sampling only 9.1% of the available time. Use of higher expansion factors will further reduce sampling times. Frequency division and heterodyne systems are not limited in this way. Only with new approaches to real-time dumping of digital data at high speeds (parallel, IEEE 1394, or Firewire) to computer memory and hard disks will digital time expansion become a viable alternative to high-speed tape recording.
Zero-crossing Analysis
Technique.-Zero-crossing is used in frequency division to isolate individual cycles within a waveform. However, this technique also can be used to transform a signal from the amplitudetime domain into the frequency-time domain. Inverted output of a frequency-controlled voltage generator allows a real time display of instantaneous frequency of high-frequency signals on an oscilloscope (period meter- Simmons et al. 1979) . In other cases, zero-crossings in the signal are determined digitally (i.e., after digitization) rather than on the analog waveform. However, the technique is essentially the same. After digitization, time is measured when the waveform crosses the average amplitude level of the signal (also known as the ambient sound pressure level) twice. As with zero-crossing in the analog domain, amplitude of the digital signal must be above a predetermined threshold level before it is analyzed. Because the time between successive zero-crossings is related inversely to twice the frequency of the signal at that point (every complete cycle will cross the zero-point twice), a frequency-time representation of the signal can be created (Fig. 4) .
Advantages.-Zero-crossing is a simple technique that does not rely on the use of complex mathematical formulae to transform a digital signal into the frequency domain. Therefore, the technique is fast and, depending on the frequency of the incoming signal, usually can be carried out in real-time with appropriate analog circuitry, even without a computer. Unlike Fourier analysis, this technique does not suffer from the uncertainty principle so that resolution in the frequency domain is not compromised by a lack of resolution in the time domain.
Disadvantages.-Many of the problems associated with zero-crossing as an analysis method are the same as those associated with using it as part of a frequency division system. First, the technique will analyze only that part of the signal that has the most energy associated with it. For this reason, all harmonic information contained in the original signal is lost, with only the loudest harmonic being analyzed. Use of a threshold also means that any part of the signal with amplitudes below this level will not be analyzed, possibly contributing to errors in estimating the start and end frequencies and the duration of calls. Many calls from species that use low-amplitude calls may not be accurately analyzed for the same reason. Zero-crossing also is extremely susceptible to the presence of noise in the signal, making the interpretation of frequency data difficult. As with all digital techniques, ability of digital zero-crossing to accurately represent the frequency-time course of the signal is dependent on the sampling rate used during digitization. If the sampling rate is low, each cycle in the waveform will be described by very few 
Fourier Analysis
Technique.-Fourier analysis probably is the most commonly used technique for calculating the spectral composition of a signal. Results of a Fourier transformation usually are represented in 1 of 2 forms, a power spectrum or a spectrogram. A power spectrum is used to present the frequency and amplitude content of part of a signal at a particular point in time (Fig. 3) . This part can be the entire signal (i.e., echolocation call) or some fraction of it. A spectrogram differs from a power spectrum in that it also contains information on how frequency and amplitude of a signal change over time (Fig. 3) . Essentially, a spectrogram is the result of a series of Fourier transformations applied sequentially to a signal.
A simple method for determining the frequency of an oscillating object is to look at it with a stroboscope. By slowly changing the flash rate, the object appears to be motionless at only 1 particular flash frequency, which coincides with the object's oscillatory frequency. A Fourier transformation attempts something similar. When applying a Fourier transformation to a waveform, the waveform is multiplied by an artificial waveform of a particular frequency, and the results are summed over a range of frequencies. If the input waveform consists only of 1 frequency, the sum of the multiplication will peak only at 1 particular frequency, just as in the example of the stroboscope. This peak will occur at the frequency that is equal to the frequency of the signal.
In reality, a Fourier analysis is somewhat more complicated because phase information must be included in the calculations. In terms of our stroboscope example, it is possible to ''freeze'' the oscillating object by choosing the appropriate flash rate, but the target could be frozen at any position (0-2) of its cycle, depending on the phase difference between the stroboscope and the object. The Fourier transformation constructs the artificial waveform such that both frequency and phase match those of the real input waveform.
The size, or length, of a Fourier transformation is measured in points. The number of points used in a transformation represents the number values from the signal to be analyzed and the number of values returned by the transformation. For example, a 512-point Fourier transformation will analyze 512 sequential values from the waveform and return 512 frequency-amplitude values. Only 256 values of the sample will be usable; the remainder belongs to the imaginary part of the signal. The frequency resolving power of a transformation depends on the length of the signal being analyzed. The shorter the signal waveform to be matched with the artificial waveform, the worse the frequency resolution. The resolution of a transformation is constrained by the uncertainty principle (Beecher 1988) , which states that frequency and time are inversely related. This principle can be represented by ⌬t ϭ n f /s f and ⌬f ϭ 1/⌬t, where n f is the length of the Fourier transformation and s f is the sampling rate used when the signal was digitized. Therefore, a trade-off exists between ⌬f (frequency resolution) and ⌬t (time resolution). As a general rule, the larger the number of points used in the transformation, the better the frequency resolution will be (Fig. 5) . However, time resolution will be poor. If a small number of points are used, the inverse is true.
Fourier transformation on its own gives an adequate picture of the frequency content of a signal only if the input waveform is continuous. Sounds produced by bats, however, are often pulsed and therefore discontinuous. The start and end points of data to be transformed almost certainly will be nonzero values because sample points are unlikely to coincide with zero-crossings. Therefore, matching the signal with artificial waveforms used by the Fourier transform will be difficult and may lead to frequency side lobes appearing in the output. To avoid these spurious ripples, most signals are first weighted before being transformed. Most weighting functions (e.g., Hamming windows) are simple bellshaped functions that taper off the far ends of the signal. In this way, truncated parts of the signal are de-emphasized and hence frequencies of the side lobes are reduced.
Advantages.-The main advantage of Fourier analysis is that very little information is lost from the signal during the transformation. The Fourier transform maintains information on amplitude, harmonics, and phase and uses all parts of the waveform to translate the signal into the frequency domain. Preservation of phase information by the Fourier transformation means that the signal can be transformed back into the time domain. Power spectra and spectrograms do not contain phase information. Fourier analysis does not rely on arbitrary thresholds; therefore, frequency and time resolution are calculated easily, making direct comparisons with other studies possible. This type of analysis also is relatively insensitive to noise, making it very useful for analyzing bat signals.
Disadvantages.-The major disadvantage of the Fourier transformation is the inherent compromise that exists between frequency and time resolution. The length of Fourier transformation used can be critical in ensuring that subtle changes in frequency over time, which are very important in bat echolocation calls, are seen. It may be that no single length of transform is ideal for a particular signal; several transformations, each of a different length, may be required before a signal can be described adequately. In a signal that is masked heavily with noise, the start and end points of a call may be more obvious in a spectrogram, because the high-amplitude noise is often of lower spectral density and lower frequency than the echolocation call of interest. However, because of the windowing calculation of the spectrogram, it is less advisable to measure duration of a signal from a spectrogram. Such measurements contain some degree of imprecision, which can be compensated for only after elaborate calibration of a specific spectrogram setting (window size, window shift) against the time-amplitude display.
Instantaneous Frequency
Technique.-Instantaneous frequency analysis is 1 of the lesser-known techniques for calculating spectral content of a signal. A waveform can be described in terms of sinusoids or cosinusoids. The period length of high-frequency signals is shorter than that of low-frequency signals. This means that pressure, or voltage, described by the sinusoid changes more rapidly between peaks and troughs at high frequencies than at low frequencies. Rate of pressure change depends on the frequency of the signal. The rate of change in sound pressure can be measured by calculating the time derivative of the sinusoid phase (Nyamsi et al. 1994 ):
where f(t) is the instantaneous frequency of the signal, ⌽ is its phase, x r is the real part of the signal, x i is the imaginary part, and • denotes the time derivative. Therefore, to calculate instantaneous frequency, real and imaginary parts of the signal and their time derivatives must be calculated. Time resolution of the instantaneous frequency method is better than that in any other method and is given by ⌬t ϭ1/(s f Ϫ 1), where s f is the sampling frequency. Frequency resolution depends on frequency modulation of the signal itself and background noise level. If frequency modulation is high, the change in phase between 2 subsequent samples will be high. It is therefore impossible to define the frequency resolution of this method.
Advantages.-A clear advantage of using instantaneous frequency is that the uncertainty principle between frequency and time resolution is circumvented so that high resolution in frequency and time domains can be achieved simultaneously. The technique also uses all information contained in a signal and therefore is probably the best technique available for calculating frequency-time structure of echolocation calls. However, to function properly, spurious effects of noise must be suppressed, usually via filtering. The Wiener filter is particularly suited to this task.
Disadvantages.-In theory, this method should be ideal for measuring the frequencytime course of chiropteran echolocation calls. In practice, however, it is very sensitive to noise and may cause difficulties in finding the exact start frequency of a pulse. The effect of noise can be reduced by smoothing the frequencytime data over a number of points, leading to a reduction in both time and frequency resolution. However, even if data are smoothed over 50 points, time resolution is better than that for Fourier analysis. If a curve is fitted to the smoothed points, the line can be extrapolated to the true start and end points of the call. Instantaneous frequency analysis also relies on the use of very specific filtering methods (Wiener). This method also is relatively intensive computationally, so it may not be suitable for real-time analysis of calls. Unfortunately, no information on amplitude or harmonic structure of the signal is retained after analysis.
DISCUSSION AND CONCLUSIONS
Before any signal is analyzed, researchers must realize that calls of different species of bat are not equally detectable. Some species produce extremely low-amplitude calls and some species of gleaners do not use echolocation at all to localize prey. Other species of bats produce very high-amplitude calls. Low-frequency calls may not be recorded, or recordings may not accurately represent the repertoire of a species. This potential source of error may be in addition to that potentially caused by the choice of transformation or analysis technique used.
The choice of technique to reduce the frequency of echolocation calls is not a simple one. The decision should be made based on the amount and quality of information that is required from the transformed signal. It is not necessary to collect minute detail on the structure of echolocation calls if simple measures of bat activity are all that are required. In such situations, use of heterodyne systems is most appropriate. However, in the situation where the signal must be analyzed in detail, the amount of detail required is not known, or the exact feature of importance has yet to be determined, the method that alters the signal least must be used.
Transformation methods such as heterodyning and frequency division may appear to be suited for use by researchers and lay people wanting to analyze echolocation calls but who lack a detailed knowledge of the techniques involved. However, the opposite is true. Methods such as frequency division and heterodyning are capable of altering a signal so much that knowledge of the method is mandatory if results are to be interpreted accurately. In contrast, techniques such as time expansion, once viewed as the tool of the bioacoustician, are perhaps better suited to those with less technical knowledge. Time expansion may be termed a ''what you see (or hear) is what you get'' technique because the signal is unaltered by the expansion process.
All methods for accurately analyzing and displaying the spectral content of a signal are computationally intensive (if carried out on the original signal) and therefore difficult to perform in real time. A good understanding of how each technique works, particularly of their shortcomings, also is extremely important.
If an accurate representation of the spectral content of the original signal is required, it seems obvious that the technique of choice should remove the least amount of information from the signal. Although Fourier analysis is not ideal because of its coupling of time and frequency resolution, its resistance to interference from noise and its retention of amplitude, harmonic, and phase information make it well suited to the analysis of echolocation calls. However, if a less detailed description of the signal is required zero-crossing analysis may be more appropriate.
Use of transformed signals for identifying species of bat from their echolocation calls has received a great deal of recent attention; many researchers have used the Anabat detection and analysis system (Titley Electronics, Ballina, New South Wales, Australia-O'Farrell and Gannon 1999; . The Anabat system displays the frequency-time course of frequency-divided echolocation calls using zero-crossing analysis. Much of the attention has revolved around use of subjective techniques to classify calls to species level (Barclay 1999; Robbins and Britzke 1999) . However, studies have been published that incorporate use of quantitative classification methods with the Anabat system. Many species can be identified relatively easily from their calls when this system is used in conjunction with quantitative analysis methods such as discriminant functions analysis Krusic and Neefus 1996; Lance et al. 1996; Murray et al. 1999 ). However, other species produce echolocation calls that are so similar that they cannot be reliably distinguished from one another (e.g., Myotis- Krusic and Neefus 1996) . By removing a large proportion of the information from the original signal, systems such as Anabat may be removing information required to separate these species. Researchers who use more detailed techniques but who fail to measure key variables also may fail to distinguish between calls of some species (Vaughan et al. 1997) . In situations where key discriminating variables are not known, it is better to use transformation and analysis techniques, such as time expansion and Fourier analysis, that remove the least amount of information from the signal.
Use of these methods does not guarantee correct results, but their use will maximize the likelihood of correct identification. These methods have been shown to be effective for separating species that produce very similar calls, even separating individuals of the same species (Burnett and Masters 1999; Parsons and Jones 1999) . Use of subjective measures to separate species must be avoided because these will vary significantly between researchers, thus making results difficult to repeat (Betts 1998; Weller et al. 1998) .
